(19) 



3 



Europaisches Patentamt 
European Patent Office 
Office europeen des brevets 



(12) 



(n) EP 0 883 325 A2 

EUROPEAN PATENT APPLICATION 



(43) 


Date of publications 


(51 ^ intci 6 H04R 3/00 




09.12.1998 Bulletin 1996/50 




(21) 


Application number: 98304349.8 




(22) 


Date of filing: 02.06.1998 




(84) 


Designated Contracting States: 


(72) Inventors: 




AT BE CH CY DE DK ES Fl FR GB GR IE IT LI LU 


• Raicevich, George 




MC NL PT SE 


Stanmore, N S W. 2204 (AU) 




Designated Extension States: 


• Dillon, Harvey 




AL LT LV MK RO SI 


Turramurra, N.S.W. 2074 (AU) 


(30) 


Priority: 02.06.1997 AU P071 41/97 


(74) Representative: Molyneaux, Martyn William 




Langner Parry 


(71) 


Applicant: THE UNIVERSITY OF MELBOURNE 


52-54 High Holborn 


Parkville, Victoria 3052 (AU) 


London WC1V6RR (GB) 



(54) Multi-strategy array processor 

(57) An apparatus and method for processing 
sound, suitable for use in association with a hearing aid, 
cochlear implant prosthesis or the like. Coupled to an 
array of microphones (1 ) are a pair of fixed array proc- 
essors (2,4) each having different characteristic signal- 
to-noise performances and internal noise parameters in 
different levels of ambient noise. Based upon an ambi- 



ent noise estimate derived from noise floor detector (8) 
a control circuit (5) controls the gain of a pair of VCA's 
(7,9) coupled to the fixed array processors (2,4) in order 
to produce an output signal from summer (16) which 
maximises the signal-tonoise ratio of a signal emanating 
from a source in an on-beam direction relative to the mi- 
crophone array (10). 
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Description 

FIELD OF THE INVENTION 

The present invention relates to the field ot devices 
for improving the speech perception of hearing impaired 
subjects. Such devices include acoustic hearing aids, 
tactile aids, cochlear prostheses and brain stem im- 
plants. In particular the invention is concerned with op- 
timising the intelligibility ot speech delivered to a subject 
by means of a directionally discriminating device. 

BACKGROUND 

In general the effects ot hearing impairment are 
characterised by the undesirable conditioning of a 
speech signal along the subject's hearing chain so as 
to result in attenuation and often distortion of the signal. 
It has been found that a standard hearing aid which am- 
plifies the ambient sound can compensate for hearing 
losses attributable to attenuation, however such sys- 
tems are of little assistance in low signal-to-noise ratio 
conditions. 

Therefore, while most hearing aids provide sub- 
stantial relief to the hearing impaired in single speaker, 
low reverberation, environments they are less useful 
where several speech sources are present simultane- 
ously with the one of interest to the subject or when used 
in a room exhibiting strong reverberation characteris- 
tics. This poor performance is because such conditions 
are more likely to result in a lower speech signal-to- 
noise ratio than is prevalent in a single speaker, low re- 
verberation environment. The problem of aiding a hear- 
ing impaired subject in a noisy environment is not over- 
come merely by indiscriminately amplifying both the 
speech of interest as well as the background noise. 

In order to address this problem directional hearing 
aids have been used. Such hearing aids are able to spa- 
tially discriminate between sound sources. These aids 
selectively amplify sound sources in a particular direc- 
tion or "beam" relative to the aid. 

A common method for producing spatial discrimina- 
tion in a sound field has been to process the outputs 
from an array of microphones. Both fixed and adaptive 
array processors have been used. The principal prop- 
erty of adaptive array processors is that the microphone 
weights are continually adjusted with the array being 
statistically optimised according to some criterion. A 
problem with the adaptive array is that in a reverberant 
environment the processor may be unable to determine 
the direction of the desired signal and hence the weights 
to be adjusted. Consequently adaptive array processors 
will not be discussed further. In contrast, in a fixed array 
processor the signal processing components of the ar- 
ray are time-invariant, the fixed array using data inde- 
pendent weights and delays applied to the microphone 
outputs to create a maximum sensitivity to signals com- 
ing from a desired direction. There are many different 



types and configurations of fixed array processors. Each 
such processor has associated with it a degree of direc- 
tivity and a particular level of inherent noise. 

For example, one fixed processing arrangement 
5 which is well known in the art is based on addition and 
appropriate delay of the separate microphone outputs. 
Such an additive processor exhibits only moderate di- 
rectionality however it can be used in relatively quiet en- 
vironments because it has a greater signal-to-noise ratio 
10 than many more directional types of processor or indeed 
even a single microphone. 

An alternative method for achieving spatial discrim- 
ination is to subtract the output of some of the separate 
microphones from the others. In this case the level of 
is subtraction involved determines the amount by which 
off-beam sounds are suppressed. For example, second 
order subtraction, by which difference signals are sub- 
tracted from each other, affords a greater degree of sup- 
pression than first order subtraction, by which difference 
20 signals are added to each other, but has the disadvan- 
tage that whilst it strongly attenuates off-beam sounds 
it also attenuates the wanted signal to such an extent 
that internal microphone noise becomes significant 
when used in quiet surroundings. While subtractive 
25 processing has a higher directional performance than 
additive processing its ratio of signal to internal noise is 
poorer than that of the additive processor because of 
the increased on -beam attenuation. Details of the con- 
struction and theory of additive and subtractive sound 
30 processors are described in Speech Intelligibility En- 
hancement Technique : Multi Microphone Array by G. 
Raicevich - a Thesis for the degree of Master of Engi- 
neering, available from the library of the University of 
Technology Sydney, Broadway, Sydney, Australia. 
55 in general, fixed array processors which have a rel- 
atively high directional performance and a relatively low- 
er ratio of signal to internal noise, in quiet environments, 
such as the above described subtractive processor, are 
more suited to use in high noise situations. However in 
40 lower noise environments the converse is true and so it 
is preferable to use a fixed array which, whilst it may 
exhibit a lower directionality has the advantage of a sig- 
nificantly higher ratio of signal to internal noise. 

Another type of fixed array processor is the so- 
45 called ■Supergain". The constrained supergain array 
described in the paper Practical Supergain, by Henry 
Cox et at (IEEE Transactions on Acoustics Speech and 
Signal Processing Vol ASSP- 34 No. 3 June 1986), ap- 
plies complex weights to the individual microphone out- 
50 puts of a microphone array. By modifying a frontal gain 
constraint the values of the weights may be calculated 
and the qualities of the supergain array may be control- 
led. For example, a supergain array processor may in- 
corporate weighting which takes the background noise 
55 characteristics into account. In high background noise 
the resutting processor will have a lower frontal gain 
constraint and hence a higher directivity. The associated 
higher array internal noise will not unduly affect the sig- 
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nal-to-noise ratio. Conversely, when designing a super- 
gain processor for use in a low background noise level 
environment, a higher frontal gain constraint will result 
in a lower directivity but a lower array internal noise. 

While a fixed array processor may operate well in a 
particular noise environment its characteristics may not 
be ideal for operation as the background noise level of 
its environment changes. Consequently there is a need 
for a hearing aid which, while compact is also directional 
and able to adjust to changes in the noise environment 
without the drawbacks associated with adaptive arrays. 

It is an object of the present invention to provide a 
system by which a fixed array processing strategy is de- 
termined according to prevailing environmental condi- 
tions, preferably the level of ambient noise floor, so as 
to maximise the speech signal-to-noise ratio of a spa- 
tially discriminating aid for the hearing impaired. 

It is a further object of the present invention to pro- 
vide a system by which the complex weights of a con- 
strained supergain array may be adjusted in order to 
maximise the overall signal-to-noise ratio of the proces- 
sor given the prevailing acoustic environment in which 
the array is used. 

SUMMARY OF THE INVENTION 

According to a first aspect of the present invention 
there is provided a method for processing sound com- 
prising the steps of : 

a) determining the signal-to-noise performance of a 
plurality of fixed microphone array processors for a 
range of ambient noise levels; 

b) monitoring a parameter indicative of ambient 
noise conditions to determine the prevailing ambi- 
ent noise level; 

c) determining the operating parameters of a micro- 
phone array processor being the microphone array 
processor of said plurality of microphone array 
proccessors having the highest signal-to-noise per- 
formance in the prevailing ambient noise level; and 

d) processing the output of a microphone array with 
a processor having the operating parameters of the 
processor selected in step c). 

According to a further aspect of the present inven- 
tion there is provided An apparatus for processing 
sound comprising : 

a) an array of microphones; 

b) first and second array processors coupled to said 
array, each of said processors arranged to produce 
a characteristic total noise output being a function 
of ambient noise floor, 

the first processor being arranged to produce 
a lower characteristic total noise output than the 
second processor over a first range of values of 
noise floor, and the second processor being ar- 



ranged to produce a lower characteristic total noise 
output than the first processor over a second range 
of values of said noise floor; 

c) a noise floor indicating circuit coupled to at least 
5 one microphone of said array of microphones ar- 
ranged to produce a noise floor signal indicative of 
said ambient noise floor; 

d) control means coupled to said noise floor indicat- 
ing circuit and arranged to produce first and second 

10 control signals indicating when said noise floor sig- 
nal is in said first range of values or in said second 
range of values; 

e) first and second variable gain means, 

the first and second variable gain means be- 
ts ing coupled to the first and second microphone ar- 
ray processor, and being responsive to the first and 
second control signal respectively, 

the first and second variable gain means ar- 
ranged to apply variable gain to the characteristic 
20 total noise output of the first and second array proc- 
essor, respectively, 

the control means and said first and second 
variable gain means being further arranged so that 
the gain applied by the first variable gain means is 
25 greater than the gain applied by the second variable 
gain means when said noise floor signal is within 
said first range and the gain applied by the second 
variable gain means is greater than the gain applied 
by the first variable gain means when said noise 
30 floor is within said second range. 

According to a further aspect of the invention there 
is provided an apparatus for processing sound 
comprising : 

35 

a) an array of microphones; 

b) first and second array processors coupled to said 
array of microphones, each of said processors ar- 
ranged to produce a characteristic total noise output 

40 being a function of ambient noise, 

the first processor being arranged to produce 
a lower characteristic total noise output than the 
second processor over a first range of values of am- 
bient noise, and the second processor being ar- 

45 ranged to produce a lower characteristic total noise 
output than the first processor over a second range 
of values of said ambient noise; 

c) background noise processor coupled to said mi- 
crophone array and arranged to have maximum 

so sensitivity to background noise said background 
noise processor producing a background noise sig- 
nal; 

d) on-beam signal detect circuit responsive to said 
background noise processor and to output from 

55 said first and second array processors for producing 
a detect signal indicative of the presence of on- 
beam signal; 

e) first and second sample-and-hold circuits cou- 
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pled to said first and second processors respective- 
ly and being responsive to said detect signal, said 
first and second sample-and-hold circuits arranged 
to produce first and second ambient noise esti- 
mates; 

f) control circuit coupled to said first and second 
sample-and-hold circuits and arranged to produce 
first and second control signals to indicate relative 
magnitudes of said first and second noise esti- 



g) means for delivering said plurality of multiplied 
signals for further processing. 

The invention also extends to acoustic hearing aids, 
s tactile aids, cochlear prostheses, brain stem implants 
and other aids to hearing which incorporate the above 
described inventive features. 

DESCRIPTION OF THE DRAWINGS 

Figure 1 depicts the present invention according to 
a first embodiment. 

Figure 2 depicts the relative performance in varying 
background noise of two different microphone array 
processors. 

Figure 3 depicts three regions of the graph shown 
in Figure 2. 

Figure 4 depicts the present invention according to 
a second embodiment. 

Figure 5 depicts the present invention according to 
a third embodiment. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

The present invention will now be described accord- 
ing to a preferred embodiment. Referring now to Figure 
1, depicted is a microphone array 1 consisting of a 
number of microphones. In the present example four mi- 
crophones are shown however other numbers are also 
possible and the invention is not limited to the number 
of microphones used herein. The outputs of the micro- 
phones are labelled from A to D. According to a first em- 
bodiment the microphone outputs are passed to two dif- 
ferent signal processing modules named Yss and Ysa 
and denoted as items 2 and 4 respectively. 

Although in the present example only two proces- 
sors are shown it is possible to have a greater number 
of processors in which case selection between them is 
also made according to the criteria explained herein. 
Furthermore the invention may be embodied by means 
of a single processor configurable into two or more 
modes. In that case selection between processing 
modes is also made according to the criteria explained 
herein. 

Returning now to the embodiment of Figure 1, rel- 
ative to Ysa the first signal processing module Yss 2 is 
characterised by having a greater directionality but also 
a lower ratio of signal to internal noise. In contrast the 
second signal processing module Ysa has a higher ratio 
of signal to internal noise and a lower degree of direc- 
tionality. 

One of the microphones 3 of the array is monitored 
and its output passed to a noise floor indicating circuit 
8. Such circuits are known in the art, for example, a sim- 
ple noise floor indicating circuit typically consists of an 
AC coupling capacitor followed by a rectifier and low 
pass filter. As the noise floor usually has a magnitude 



mates; 10 
g) first and second variable gain circuits coupled to 
the first and second array processor, respectively, 

the first and second variable gain circuits be- 
ing responsive to the first and second control signal, 
respectively, 15 

and arranged to apply variable gain to the 
characteristic total noise output of the first and sec- 
ond array processor, respectively, 

the control circuit and said first and second 
variable gain circuits being further arranged so that 20 
when said first noise estimate is less than said sec- 
ond noise estimate said gain applied by the first var- 
iable gain circuit is greater than said gain applied 
by the second variable gain circuit and when said 
second noise estimate is less than said first noise 25 
estimate said gain applied by the second variable 
gain circuit is greater than said gain applied by the 
first variable gain circuit. 

According to a final aspect there is provided an ap- 30 
paratus for processing sound comprising : 

a) a microphone array comprising a plurality of mi- 
crophones each microphone producing a signal 
corresponding to surrounding ambient sound; 35 

b) a plurality of antialiasing fitters coupled to each 
microphone of said array respectively, each an- 
tialiasing filter arranged to produce a low-pass fil- 
tered signal; 

c) a plurality of analog to digital converters coupled *o 
to each antialiasing filter respectively, each analog 
to digital converter arranged to produce a digital 
noise signal ; 

d) a microphone array processor coupled to said 
analog to digital converters arranged to produce a 4S 
noise level signal indicative of the ambient noise 
level; 

e) an allocation means responsive to said noise lev- 
el signal and arranged to produce a plurality of 
weighting signals in accordance with a predeter- 50 
mined rule; 

f) a plurality of digital multiplier means coupled to 
each analog to digital converter and respectively re- 
sponsive to said plurality of weighting signals, each 
said multiplier arranged to perform a complex mui- 
tiplication operation on each digital noise signal re- 
spectively, said plurality of digital multipliers produc- 
ing a corresponding plurality of multiplied signals; 



4 



7 



EP.0 883 325 A2 



8 



similar to the signal envelope, monitoring of the enve- 
lope provides an indication of the noise floor subsequent 
to appropriate scaling. 

The output of the noise floor detector comprises a 
relatively slowly moving DC signal indicative of the am- 
bient noise floor The DC signal from the noise floor in- 
dicator is coupled to control circuit 5. Emanating from 
control circuit 5 are two control lines 11 and 1V. Control 
circu it 5 contains an inverting amplifier which is connect- 
ed between the output from the noise floor detector 8 
and control line 11 \ It also contains a buffer amplifier or 
depending on the remainder of the circuitry used a con- 
ductor, connected between the output of the noise floor 
detector 8 and control line 1 1 . Control line 11 ' is connect- 
ed to voltage controlled amplifier 9 which is also con- 
nected to the output of Ysa, 4. Contol line 11 is similarly 
connected to voltage controlled amplifier 7 which is also 
connected to the output of Yss, 2. 

The outputs of VCA 7 and VC A 9 are added together 
by summer 16, which may consist of an appropriately 
configured operational amplifier, and then passed to a 
conventional hearing aid device (not shown). 

Referring now to Figure 2 the operation of the de- 
vice will be explained. Figure 2 illustrates the noise dis- 
crimination ability for the subtractive 2 and additive 4 
processors. The Figure depicts the characteristic out- 
puts of Ysa and Yss in dB's on the vertical axis plotted 
againsT ambient acoustic noise floor, in dBs on the hor- 
izontal axis. It will be noted that as the ambient noise 
falls to low values, depicted as region A of Figure 3, the. 
output of Yss 2 and Ysa 4 are substantially due to elec- 
trical noise internally generated in the processors and 
microphone array. A lower processor output for a given 
noise floor level indicates a higher directivity and hence 
better sound discrimination ability. It is seen from the 
graph of Figure 2 that the Yss processor output, line 17 
indicates a better performance when the noise floor has 
a high value, i.e. to the right of the intersection point of 
the two curves. Whereas the Ysa output, line 18 is lower 
in low acoustic ambient noise conditions. The graph also 
shows that both array outputs plateau in the lower noise 
regions. As the ambient noise levels drop, the array out- 
puts remain constant. Such plateauing indicates that the 
array output is dominated by internally generated noise. 
The subtractive processor Yss, while exhibiting greater 
spatial discrimination, also produces more internal 
noise as is evident by the relatively high plateau, line 
22, found on the left hand side of its plot, relative to the 
plateau of Ysa, depicted by line 20. 

According to the invention the noise floor detector 
8, control circuit 5 and VCA's 7, 9 are scaled so that as 
the noise floor indicative signal drops VCA 7 attenuates 
whilst the gain of VCA 9 increases so that the output of 
summer 16 is substantially Ysa, which is appropriate for 
the low noise environment. Alternatively, as the ambient 
noise increases the second order subtractive processor 
Yss becomes preferred and so by the design of the de- 
vice in Figure 1 VCA 7 increases its gain whilst that of 



VCA 9 is attenuated, the output of summer 1 6 becoming 
substantially that of Yss. 

Referring now to Figure 3there is depicted a version 
of Figure 2 wherein the acoustic ambient noise has been 

5 demarcated into three ranges A, B and C. It can be seen 
that VCA's 7 and 9 are controlled by the noise floor de- 
tector 8 so that the output of the summer 16 predomi- 
nantly consists of the output of the processor which pro- 
vides the lowest total noise output. Consequently, in re- 

10 gjon A of the graph the output of the summer consists 
entirely of signal from Ysa 4. In region B of the graph 
the output of the summer consists of a mixture of both 
processors. Leftward of the point at which the curves 
17, 18 characteristic of each of the processors intersect 

is the summer output is increasingly Ysa 4. Rightward of 
the intersection point it is increasingly Yss 2. At the point 
of intersection it is equally due to signal from Ysa and 
Yss. In region C of the graph the output of the summer 
consists entirely of signal from Yss. 

20 in practice the system is calibrated for switchover 
by noting the output from the noise floor detector at 
which the intersection of curves 17 and 18 occurs. The 
VCA's are then adjusted so that complete switchover 
from one processor to the other takes place within a 

25 cross-over range centred on the intersection point. It has 
been found that a cross-over range a little greater than 
6dB is required in order to minimise the subject's per- 
ception of the change in processing strategies. Whilst 
the blending of the two signals which occurs in cross- 

30 over range B is not essential to the invention, it makes 
the device more comfortable for the subject by reducing 
the perception of the switching between processing 
strategies. Consequently the invention could be imple- 
mented by automatically switching between the two 

35 strategies at the point where their characteristic proces- 
sor curves intersect rather than blending the output of 
the two processors across cross-over range B. Further- 
more, although not incorporated into the embodiments 
herein described, hysteresis could be introduced into 

40 the switching or blending operation so that switch over 
would occur at different values of external noise depend- 
ing on whether the external noise was increasing or de- 
creasing. 

According to a further embodiment of the present 
45 invention an auto switching arrangement comprising 
processor microphone array processor Yn, signal de- 
tector circuit 40 and sample-and-hold (S/H) circuits 41 
and 42 is provided. The S/H circuits contain magnitude 
estimator circuits, to receive signal from Ysa 4 and Yss 
50 2, comprising a rectifier and low pass filter to generate 
a rectified and time averaged value indicative of the 
magnitude of the signal emanating from Ysa and Yss. 
The S/H circuits are under command of on-beam signal 
detector 43 from which they take a control signal which 
55 determines whether they are to sample signal derived 
from Ysa'and Yss, or to hold. The auto switch-over sys- 
tem automatically chooses the most appropriate propor- 
tions of output of array processors Yss 2 and Ysa 4 in 
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order to maximise the ratio of desired signal to unde- 
sired ambient noise. The ambient noise output by the 
processors is a combination of acoustic ambient noise 
and electrical noise emanating from the processors and 
microphone array. 

On-beam signal detector 40 takes two inputs. Afirst 
input emanates from processor Yn 43. Processor 43 is 
a microphone array processor whose output is minimal- 
ly sensitive to the on-beam signal that processors Ysa 
and Yss are designed to maximise. For example if the 
device of Figure 4 were to be used in a crowded room, 
including people speaking and other sound sources, 
then whilst Ysa and Yss are designed to optimise the 
signal coming from a particular direction relative to the 
microphone array, and minimise the remaining noise, 
Yn, in contrast generates an output that monitors the 
remaining noise. The inventors have found that a proc- 
essor constructed similarly to Ysa or Yss except having 
maximum sensitivity in a direction opposite to the de- 
sired on-beam direction of Yss and Ysa, is suitable for 
this purpose. 

The second input to signal detector 40 emanates 
from the output of summer 1 6 which is a combination of 
signals from Yss 2 and Ysa 4. 

Signal detector 40 takes the signal from Yn 43 and 
produces an estimate of its average value over a short 
period of time, this may be done by rectifying the signal 
and then low pass filtering it as was described in respect 
of noise floor indicating circuit 8 of Figure 1 . Signal de- 
tector 40 also processes the signal from summer 16 in 
a similar manner. The two rectified and averaged signals 
are then compared to produce their difference being the 
processed signal from Yn 43 minus the processed sig- 
nal from summer 16. The difference signal is passed 
through a comparator The comparator produces a logic 
high detect signal in the event that the difference signal 
is positive and a logic low detect signal in the event that 
it is less than or equal to zero. Accordingly, if the signal 
coming from the summer is of greater magnitude than 
the signal from processor Yn 43 then signal detector 40 
will generate a logic low signal which will indicate that 
the output of summer 16 contains signal other than am- 
bient noise. Conversely, if the signal coming from proc- 
essor Yn 43 is of greater magnitude than the signal from 
summer 1 6 then signal detector 43 will generate a logic 
high output to indicate that the output of summer 16 
does not contain signal of interest. 

In the event that the output of summer 1 6 does con- 
tain signal of interest the detect signal will be low. In that 
case S/H circuits 41 and 42 hold their current values so 
that the output of differential amplifier 39 remains con- 
stant. In that event the gains of VCA's 7 and 9 remain 
constant so that there is no change in the relevant pro- 
potions of the signals from Ysa 4 and Yss 2 delivered to 
summer 16. 

Alternatively, in the event that the output of summer 
16 does not contain signal of interest, the detect signal 
will be high. In that case S/H circuit 41 will track signal 



from Yss 2 while signal from Ysa 4 will be tracked by S/ 
H circuit 42. During this state the outputs of S/H circuits 
41 and 42 will be approximately the same as those from 
processors Yss 2 and Ysa 4. Accordingly, when the am- 

s bient noise level is low, i.e. the processors are operating 
in region A of Figure 3, then the output of S/H circuit 41 
will be greater than the output of S/H circuit 42. Conse- 
quently, the output of differential amplifier 39 will be neg- 
ative so that the gain of VCA 7 will be low relative to the 

10 gain of VCA 9. It should be noted that the control signal 
for VCA 9 is passed through inverter 10 so that it is of 
opposite polarity to that which controls VCA 7. As a re- 
sult the output of summer 16 will be predominantly sig- 
nal from Ysa 4 which, as can be seen from Figure 3, is 

15 of markedly lower noise in Region A than that of Yss 4. 
When the ambient noise level is within Range B of 
Figure 3 then the gain applied to VCA's 7 and 9 will be 
largely equal so that output from both Yss 2 and Ysa 4 
with the output of summer 1 6 comprised of approximate- 

20 ly 50% signal from each of those processors. 

Finally when the ambient noise climbs into Region 
C of the graph the output of Ysa 4 will be greater than 
that of Yss 2 so that the output of differential amplifier 
39 will be positive. Accordingly more gain will be applied 

25 to output from Yss 2 than from Ysa 4 and the output of 
summer 1 6 will be predominantly due to signal from Yss 
2, which has a lower noise level in the Region C range 
of operation. 

Referring now to Figure 5 there is depicted an em- 

30 bodiment of the present invention as applied to a con- 
strained supergain array processor. Such a processor 
conventionally consists of a series of microphones 
51 -54 spaced less than one half wavelength, of the cen- 
tre frequency of the band to be processed, apart. The 

35 outputs of each microphone are each multiplied by a 
complex weight z1..z4, by complex multipliers 61-64. 
This operation is most conveniently performed using 
digital techniques and so, prior to multiplication, the sig- 
nals are passed through anti-aliasing filters 71-74 and 

40 converted to digital signals by ADC's 81-84 according 
to standard methods. 

It is known to calculate the weights z1 ..z4 for a sin- 
gle level of ambient acoustic noise. However, such an 
approach does not provide for changes in the back- 

45 ground noise level which may render the processor less 
than effective as noise levels change. According to the 
invention, as background noise levels increase the 
weights may be altered so that the directionality of the 
processor may be increased without introducing un- 

50 wanted instabilities into the processor. Conversely, as 
the background noise level decreases it is necessary to 
reduce the directionality of the processor in order to min- 
imise the total noise at the output of the summer 66. 
According to the present invention noise level proc- 

55 essor Yn 56 and allocation means, being look up table 
58, are provided to alter the weights z1..z4. Processor 
Yn generates an estimate of the ambient acoustic noise 
level. This estimate is sent to look up table 58 which 
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contains a list of precalculated values for z1 . .z4 for given 
values of ambient acoustic noise level. Calculation of 
the weighting values is described in the formerly refer- 
enced paper by Cox et al. 

As a variation to the use of a look up table it is pos- 
sible to instead calculate the values for the weights as 
required. In that case the allocation means would not 
consist of look-up table 58 but instead would be re- 
placed by calculations undertaken in a central digital sig- 
nal processor or alternatively by a suitable co-proces- 
sor. 

The weighted digital signals are combined, shown 
schematically by summer 66, and the resulting signal 
optionally converted to an analog signal by D AC and as- 
sociated anti-imaging filtering 68. 

Although the invention has been described with ref- 
erence to a limited number of embodiments other vari- 
ations are possible within the inventive concept and will 
be apparent to those skilled in the art. 



Claims 

1. An apparatus for processing sound comprising : 

a) an array of microphones; 

b) first and second array processors coupled to 
said array, each of said processors arranged to 
produce a characteristic total noise output be- 
ing a function of ambient noise, 

the first processor being arranged to pro- 
duce a lower characteristic total noise output 
than the second processor over a first range of 
values of said noise, and the second processor 
being arranged to produce a lower characteris- 
tic total noise output than the first processor 
over a second range of values of said said 
noise; 

c) a noise floor indicating circuit coupled to at 
least one microphone of said array of micro- 
phones arranged to produce a noise floor signal 
indicative of said ambient ambient noise; 

d) control means coupled to said noise floor in- 
dicating circuit and arranged to produce first 
and second control signals indicating when 
said ambient noise signal is in said first range 
of values or in said second range of values; 

e) first and second variable gain means, 

the first and second variable gain means 
being coupled to the first and second micro- 
phone array processor, and being responsive 
to the first and second control signal respec- 
tively, 

the first and second variable gain means 
arranged to apply variable gain to the charac- 
teristic total noise output of the first and second 
array processor, respectively. 

the control means and said first and sec- 



ond variable gain means being further arranged 
so that the gain applied by the first variable gain 
means is greater than the gain applied by the 
second variable gain means when said ambient 
5 noise signal is within said first range and the 

gain applied by the second variable gain means 
is greater than the gain applied by the first var- 
iable gain means when said ambient noise is 
within said second range. 

10 

2. An apparatus according to claim 1 , further com- 
prising a summing means coupled to said first var- 
iable gain means and to said second variable gain 
means. 

15 

3. An apparatus according to claim 1 , wherein the 
first array processor is a sub-tractive processor. 

4. An apparatus according to claim 1 or claim 3, 
20 wherein the second array processor is an additive 

processor. 

5. An apparatus according to claim 1 , wherein the 
control means and first and second variable gain 

25 means are further arranged so that the gain applied 
by the first variable gain means gradually increases 
and the gain applied by the second variable gain 
means gradually decreases as said ambient noise 
signal takes values across a sub-range from a start- 

30 ing value within said second range to a terminating 
value within said first range. 

6. An apparatus according to claim 1 , wherein the 
control means and first and second variable gain 

35 means are further arranged so that the gain applied 
by the first variable gain means gradually decreas- 
es and the gain applied by the second variable gain 
means gradually increases as said ambient noise 
signal takes values across a sub-range from a start- 

40 ing value within said first range to a terminating val- 
ue within said second range. 

7. An apparatus according to claim 5 or claim 6, 
wherein the control means and the first and second 

45 variable gain means are further arranged so that 
said sub-range is centred at the value of ambient 
noise signal where said first and second ranges are 
in contiguity. 

so 9. An apparatus according to claim 1 , wherein the 
first and second variable gain means comprise volt- 
age controlled amplifiers, and wherein said first and 
second control signals are voltage signals. 

55 1 o. An apparatus for processing sound comprising : 

a) an array of microphones; 

b) first and second array processors coupled to 
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said array of microphones, each of said proc- 
essors arranged to produce a characteristic to- 
tal noise output being a function of ambient 
noise : 

the first processor being arranged to pro- 5 
duce a tower characteristic total noise output 
than the second processor over a first range of 
values of ambient noise, and the second proc- 
essor being arranged to produce a lower char- 
acteristic total noise output than the first proc- 10 
essor over a second range of values of said am- 
bient noise; 

c) background noise processor coupled to said 
microphone array and arranged to have maxi- 
mum sensitivity to background noise said back- is 
ground noise processor producing a back- 
ground noise signal; 

d) on-beam signal detect circuit responsive to 
said background noise processor and to output 
from said first and second array processors for 20 
producing a detect signal indicative of the pres- 
ence of on-beam signal; 

e) first and second sample-and-hold circuits 
coupled to said first and second processors re- 
spectively and being responsive to said detect 25 
signal, said first and second sample-and-hold 
circuits arranged to produce first and second 
ambient noise estimates; 

f ) control circuit coupled to said first and second 
sample-and-hold circuits and arranged to pro-. 30 
duce first and second control signals to indicate 
relative magnitudes of said first and second 
noise estimates; 

g) first and second variable gain circuits cou- 
pled to the first and second array processor, re- 35 
spectively, 

the first and second variable gain circuits 
being responsive to the first and second control 
signal, respectively, 

and arranged to apply variable gain to the *o 
characteristic total noise output of the first and 
second array processor, respectively, 

the control circuit and said first and sec- 
ond variable gain circuits being further ar- 
ranged so that when said first noise estimate is 45 
less than said second noise estimate said gain 
applied by the first variable gain circuit is great- 
er than said gain applied by the second variable 
gain circuit and when said second noise esti- 
mate is less than said first noise estimate said so 
gain applied by the second variable gain circuit 
is greater than said gain applied by the first var- 
iable gain circuit. 



12. A method for processing ambient sound com- 
prising the steps of : 

a) monitoring said sound by means of an addi- 
tive array processor and a subtractive array 
processor, said processors being coupled to a 
common microphone array and producing 
processed signals; 

b) determining which of said processed signals 
has the greatest signal to noise ratio for a given 
ambient noise; 

c) selecting the processed signal determined in 
step b) for further processing. 

13. A method according to claim 12, further com- 
prising the step of : 

d) summing the processed signals in a ratio 
wherein a greater proportion of the signal se- 
lected in step c) is added. 

1 4. An apparatus for processing sound comprising : 

a) a microphone array comprising a plurality of 
microphones each microphone producing a 
signal corresponding to surrounding ambient 
sound; 

b) a plurality of antialiasing filters coupled to 
each microphone of said array respectively, 
each antialiasing filter arranged to produce a 
low-pass filtered signal; 

c) a plurality of analog to digital converters cou- 
pled to each antialiasing filter respectively, 
each analog to digital converter arranged to 
produce a digital noise signal ; 

d) a microphone array processor coupled to 
said analog to digital converters arranged to 
produce a noise level signal indicative of the 
ambient noise level; 

e) an allocation means responsive to said noise 
level signal and arranged to produce a plurality 
of weighting signals in accordance with a pre- 
determined rule; 

f) a plurality of digital multiplier means coupled 
to each analog to digital converter and respec- 
tively responsive to said plurality of weighting 
signals, each said multiplier arranged to per- 
form a complex multiplication operation on 
each digital noise signal respectively, said plu- 
rality of digital multipliers producing a corre- 
sponding plurality of multiplied signals; 

g) means for delivering said plurality of multi- 
plied signals for further processing. 



11. An apparatus according to claim 10, further ss 
comprising a summing means coupled to said first 
and second variable gain circuit to produce a sum- 
mation output signal. 



1 5. An apparatus according to claim 1 4, wherein the 
means for delivering output signals comprises a 
digital summing means responsive to said plurality 
of multiplied signals. 
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1 6. An apparatus according to claim 1 4, wherein the 
allocation means comprises a look-up table. 

17. An apparatus according to claim 1 4, wherein the 
allocation means comprises a computational proc- 5 
essor programmed according to said rule. 

18. An apparatus according to claim 14 or claim 17, 
wherein the allocation means allocates weights so 
that the directionality of the processor increases as 10 
said noise level signal increases. 

19. A method for processing sound comprising the 
steps of : 

is 

a) determining the signal-to-noise performance 
of a plurality of fixed microphone array proces- 
sors for a range of ambient noise levels; 

b) monitoring a parameter indicative of ambient 
noise conditions to determine the prevailing 20 
ambient noise level; 

c) determining the operating parameters of a 
microphone array processor being the micro- 
phone array processor of said plurality of mi- 
crophone array proccessors having the highest 2s 
signal-to-noise performance in the prevailing 
ambient noise level; and 

d) processing the output of a microphone array 
with a processor having the operating parame- 
ters of the processor selected in step c). so 

20. A method according to claim 19, wherein step 
b) includes the step of monitoring a microphone of 
said microphone array. 

35 

21. A method according to claim 19, wherein step 

b) includes the step of monitoring the output of a 
microphone array processor coupled to said micro- 
phone array. 

40 

22. A method according to claim 19, wherein step 

c) includes the step of obtaining said operating pa- 
rameters from a look-up table on the basis of the 
prevailing ambient noise level. 

45 

23. A method according to claim 1 9, wherein step 
c) includes the steps of : passing said prevailing 
ambient noise level through a control circuit to gen- 
erate a number of control signals; and monitoring a 
processor having said operating parameters on the so 
basis of said control signals. 

24. A method according to claim 19, wherein step 
c) includes the step of calculating said operating pa- 
rameters as a function of the prevailing ambient ss 
noise level. 
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Fig 2. 
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